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[57] ABSTRACT 

A method is provided for programming a digital hearing aid 
using a program encoded in an audio band (20 Hz-20 kHz) 
signal, to transmit and verify programs and algorithm 
parameters. Preferably, this is in a digital hearing aid includ- 
ing filterbanks, filtering the audio signal into different fre- 
quency bands. The signal is encoded by the presence and 
absence of a signal in each frequency band or by other 
well-known modulation techniques used by computer 
modems. Special programming signals are provided alter- 
nating between the frequency bands in a manner to clearly 
distinguish the program data from any other interfering or 
normally present audio signal. The method does not require 
additional hardware, and offers reduced power consumption, 
as compared to some known wireless programming inter- 
faces. It enables remote programming over a network using 
standard multimedia computer hardware. 

23 Claims, 2 Drawing Sheets 
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APPARATUS FOR AND METHOD OF 
PROGRAMMING A DIGITAL HEARING AID 

CROSS-REFERENCE TO RELATED 
APPLICATION 

This application claims benefit from U.S. provisional 
application Ser. No. 60/041,975 filed on Apr. 16, 1997. 

FIELD OF THE INVENTION 

This invention relates to hearing aids. This invention more 
particularly relates to a method of programming a software- 
programmable, digital hearing aid and to such a hearing aid, 
and even more particularly relates to a programmable digital 
hearing aid including a filterbank processing architecture. 

BACKGROUND OF THE INVENTION 

Programmable analog hearing aids have been in use for a 
number of years. These hearing aids allow precise adjust- 
ment of the specific parameters of a hearing aid processing 
scheme to achieve a reasonably good "fit" for the hearing aid 
user. Programmable digital hearing aids extend this capa- 
bility by also allowing new programs to be downloaded. The 
ability to load a new program on a digital hearing aid means 
that entirely different processing schemes can be imple- 
mented simply by downloading new software. 

Hearing aids have traditionally been programmed with 
wired links that sometimes connect to a body worn pro- 
gramming interface that in turn incorporates a wired or 
wireless link to the hearing aid programmer. The use of a 
wired link means that a hearing aid must incorporate a 
connector for the programming cable. Typical programming 
interfaces use serial data transmission with between two and 
four electrical connections depending on whether the serial 
connection is transmit and receive or receive-only. Newer 
connection schemes that do not require a separate program- 
ming connector have recently been developed. They use the 
battery terminals to supply power and transmit data to the 
hearing aid. This approach sometimes requires that addi- 
tional battery contacts be added, depending on the nature of 
the serial interface. All of these programming methods 
require special programming cables and small connectors 
that are expensive and prone to breakage. 

Other programming interfaces that have been used suc- 
cessfully are infrared or ultrasonic links. All of these 
approaches require additional circuitry increasing costs and 
power consumption and the space occupied within the 
hearing aid. For digital hearing aid programming, ultrasonic 
links are not practical because of the high sampling rate 
required to convert and ultrasonic signal into a digital 
representation. Although they are often used to transmit data 
between programming interfaces and personal computers, 
infrared links have never been widely used on hearing aids 
because of their higher power consumption, susceptibility to 
interference and undesirable directional characteristics. 
Thus, the majority of current digital hearing aids rely on 
wired programming links which require a specialized con- 
nector and programming cable. 

An important consideration for all programming inter- 
faces is safety. It is often desirable to have the user wear the 
hearing aid while it is being programmed, so that the "fit" 
between the new program and the user's hearing deficiency 
can be immediately checked. If the user is wearing the 
hearing aid while it is being programmed, there must be 
electrical isolation betweeo the hearing aid wearer and the 
programming system, especially if the programming system 
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is connected to line voltage (120 volts or higher). Many 
systems use isolated power supplies or battery power and 
supply all signals to the hearing aid wearer through optoiso- 
lators. Wireless systems overcome the problems if isolation 
5 from line voltage, but may require optoisolators even if a 
battery powered, body-worn programming interface is used. 

SUMMARY OF THE INVENTION 

This invention incorporates a scheme for programming 
and programming verification in a programmable digital 

10 filterbank hearing aid that uses an existing filterbank and 
specially synthesized signals in the audio band (20 Hz to 20 
kHz) to change and verify hearing aid parameters or down- 
load and verify a new hearing aid program. A digital 
filterbank hearing aid processes a digital representation of an 

15 input signal using an analysis filterbank that separates the 
input signal into a plurality of separate frequency bands. 
These bands are processed separately of in combination and 
then recombined via a synthesis filterbank to form a digital, 
time-domain representation output signal. Because an exist- 

20 ing filterbank and programming digital signal processor are 
used to detect the presence, absence and transitions of the 
audio-band programming signals and decode the informa- 
tion they contain, no additional hardware is required. 
Other advantages of the method and apparatus of the 

25 present invention are: the audio programming signals 
.. employed can be synthesized and delivered h.y gt^Hflr"^ 
^ multi Has fjja computer hardware, for e x ample, a P C fPersonaj 
-Computer) with a sound card and speakers or headphones- 
the invention supports remote programmin g of dig ital hearC 

3 D ing a ids over computer netwo rks; the auaiU-UauU program-*" 
"mmg Signals can be pre -synthesized and transmitted over a 
network or synthesized locally and delivered using standard 
multimedia computer hardware, for example a PC with a 
sound card and speakers or headphones; the invention 

35 enables a wide variety of audio-band programming signals 
to be used; for example, audio signals generated by standard 
computer modem modulation techniques may be used or 
dual-tone multi-frequency (DTMF) tones similar to those 
used by telephones to transmit key presses may be used; the 

40 invention provides a high degree of safety comparable to 
other wireless links because the hearing aid wearer is 
electrically isolated from the programming system by an 
acoustic channel. 

A number of modulation techniques that are used for 

45 com puter modem and RF applications could also be used to 
~ transmit data to tnr digital hearing aid via an audio signal. 
For example, a technique similar to spread spectrum, where 
the input data stream is modulated with an audio-band 
maximum length sequence could be used. This technique 

50 would be very resistant to background noise. Standard 
modulation/demodulation techniques like quadrature phase 
shift keying (PSK), differential PSK(DPSK) and quadrature 
amplitude modulation (QAM) could also be used. These 
techniques are widely used in computer modems-DPSK is 

55 standardized in V.22 and V.22 bis modems. QAM is a 
coherent modulation technique that is well-suited for trans- 
mission of digital information over high-quality, band- 
limited communication paths. Using any of these techniques 
would require that the hearing aid be software programmed 

60 to operate as a modem. Such techniques are disclosed in: 
"Real-time DSP Modems with a PC and Sound Card," 
Circuit Cellar INK: The Computer Applications Journal, 
Issue 76, pp. 21-29, November 1996, by M. Park and B. 
McLeod, the contents of which are hereby incorporated by 

65 reference. 

In accordance with the present invention, there is pro- 
vided a method of processing an audio band signal in a 
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digital hearing aid, said hearing aid comprising a characteristics of the human ear canal, whereby the 

microphone, an analysis filterbank having a plurality of programming signal can be transmitted acoustically to 

separate frequency band outputs, a programmable digital the hearing aid, isolated from any interfering audio 

signal processor, a non-volatile memory, and a receiver, the signal. 

method comprising the steps of: 5 Another aspect of the present invention provides a digital 

(1) programming an encoding scheme in said digital hearing aid comprising: 

signal processor; (a) a microphone for receiving an audio band signal; 

(2) receiving said audio band signal at said microphone; (b) an A/D converter for converting said audio band signal 

(3) converting said audio band signal into a digital signal; into a digital signal; 

(4) in said analysis filterbank, seperating said digital 10 ( c ) m analysis filterbank for separating said digital signal 
signal into a plurality of separate frequency band into a plurahty of separate frequency band signals each 
signals each being representative of a specific fre- bem g representative of a specific frequency band; 
quency band, ^ a p r0 g ramma ble digital signal processor for receiving 

(5) providing said frequency band signals to said digital ^ said Erequency 5arjd signals ^ being programmed to 
signal processor; determine whether said separate frequency band sig- 

(6) determining whether said separate frequency band na i s have programming information encoded therein 
signals have programming information encoded therein according to an encoding scheme; 

according to said encoding scheme; and (e) a non-volatile memory for storing programming 

.^W (7) if programming information is encoded in said fre- 20 information, wherein, when programming information 

^\ quency band signals according to said encoding ^ enco d e d in said frequency band signals, said digital 

scheme, decoding said frequency band signals to obtain signal pr0 cessor decodes said frequency band signals 

said programming information and storing said pro- and stores said programming information in said 

gramming information in said non-volatile memory. memory- 

Preferably, the method further includes a step of: 25 a ^ for mmh]n]n sjid ^ 

(8) if programming information is not encoded in said frequency band signals into a processed digital signal; 

frequency band signals according to said encoding j ~ 

scheme, processing said frequency band signals r -j 

according to programming information stored in said fe> a D/A converter and receiver for converting sa,d 

hearing aid to provide a processed audio band output 30 Passed digital signal into a processed aud.o band 

signal at said receiver. Also, preferably, a step of , ° u, P ut sl gnal. 

synthesizing programming information into an audio In a fanher as P ect - ^ me * hod P rese "' u,venaon 

band pmgrammmg signal and transmitting the audio caD P™g"ng a digital hearing aid having two 

band programming signal to said hearing aid is further se P arate m P uts > and tbe me * od u compnses encoding the 

included program into two separate audio band signals and transmit - 

t» ,« • ' . „ « « . - t . 35 ting one audio band signal to one input and the other audio 

For this purpose, the program can be encoded into the , & . r 

band structure by providing a signal in alternate bands with band sl S nal t0 the other in P ut 

no signal being present in bands between said alternate BRIEF DESCRIPTION OF THE DRAWING 

bands. Advantageously, the bands then comprise alternating FIGURES 

even numbered bands and odd numbered bands, and logic 40 

level one is encoded as a signal in one of the even numbered For * better understanding of the present invention and to 

bands and the odd numbered bands and logic level zero is show more clearly how it may be carried into effect, 

encoded as a signal in the other of the even numbered bands reference will no be made, by way of example, to the 

and odd numbered bands. accompanying drawings, in which: 

After the hearing aid receives and decodes a program, the 45 FIG. 1 shows a preferred embodiment of the present 
hearing aid preferably generates a verification signal that is invention, and schematically a block diagram of an ASIC 
transmitted through the receiver thereof and which is data path processor and programmable digital signal pro- 
received by the hearing aid programmer, to verify the cessor in accordance with the present invention; 
correctness of the program data received by the hearing aid. FIG. 2 shows a possible encoding scheme according to the 

Conveniently, the programming signals are transmitted 50 present invention, 
over a network, selected from one of a local area network, 

a wide area network or a modem link, and program data is DESCRIPTION OF THE PREFERRED 

synthesised into an audio-band programming signal locally EMBODIMENT 

and acoustically transmitted to the hearing aid. The pro- with reference to FIG. 1 the apparatus of the present 

gramming data can be received by a multimedia computer in 55 invention has a microphone 10, as a first input connected to 

text format, binary format or other format, and synthesised a preamplifier 12, which in turn is connected to an analog- 

locally into the audio band signal. Alternatively, the audio to-digital, (A/D) converter 14. In known manner this enables 

band signal is pre-synthesised by a computer and transmitted an aC oustic, audio-band signal, for example, to be received 

over a computer network to a hearing aid program system, m the microphone, preamplified and converted to a digital 

and the programming data is decoded and acoustically 60 representation in the A/D converter 14. A secondary input U 

reproduced for programming the hearing aid. (which may also comprise a microphone) may also be 

The method can be carried out either: connected to a preamplifier 13 which is in turn connected to 

(1) with the bearing aid worn by a user to enable imme- an analog-to-digital (A/D) converter 15. Thus the present 
diate verification of the suitability of the program for invention is embodiable with both monaural applications 
the user; or 65 (i.e. one digital stream) and stereo applications (i.e. two 

(2) by placing the hearing aid in a sound chamber and digital streams). The output of the A/D converter 14 (and 
connecting the hearing aid to a coupler simulating the where a secondary input exists, the output of the secondary 
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A/D converter 15) is connected to a filterbank application To reduce computation, a time folding structure can be 

specific integrated circuit (ASIC) 16 as shown in FIG. 1 or, used as disclosed in a copending and simultaneously filed 

alternatively, directly to a programable digital signal pro- application Ser. No. 09/060,823 entitled "Filterbank Struc- 

cessor (DSP) unit 18 via a synchronous serial port. Addi- ture and Method for Filtering and Separating an Audio 

tional A/D converters (not shown) may be provided to 5 signal into Different Bands, particularly for Hearing Aids", 

permit digital processing of multiple separate input signals. in the names of Rober( B rennan and Anthony Todd 

Further input signals (not shown) may be mixed together in Schneider. 

the analog domain prior to conversion by these A/D con- . . " , , « . . . . 
verters or* alternatively, in the digital domain by the pro- * indica ' ed , at 32 ' to . a P ro & rammable D f P 
grammable DSP unit 18. The filterbank ASIC 16 is capable in 18 » P rovided ' t0 e ™ ble the DSP to u ^??? a P artlcuIar 
of processing one (monaural) or two (stereo) digital streams, 10 Processing The programmable DSP 18 comprises a 
as described in co-pending application Ser. No. 09/060,823. processor module 34 including a volatile memory 36. The 
The output of the filterbank ASIC 16 is connected to a processor 34 is additionally connected to a nonvolatile 
digital-to-analog (D/A) converter 20. The converter 20 is in memory 38 which is provided with a charge pump 40. 
turn connected through a power amplifier 22 to a hearing aid As detailed below, various communication ports are 
receiver 24. Thus, the filtered signal, in known manner, is 15 provided, namely: a 16 bit input/output port 42, a synchro- 
converted back to an analog signal, amplified and applied to nous serial port 44 and a programming interface link 46. 
the receiver 24. band s j gnals reC eived by the DSP 18 are representa- 

The output of the A/D converter 14, and any additional tivc 0 f me different bands and are used by the digital signal 

A/D converter that is provided, may, instead of being proce ssor 34 to determine gain adjustments, so that a desired 

connected to the ASIC 16 as shown be connected to the 20 ^ strat can be implem ented. The gains are 

programmable DSP 18 via a synchronous serial port. ed bascd 0Q thc m ^ characteristks and theQ 

Similarly, the output D/A converter 20 can alternatively be ,. . 4 4 . l4 . ,. ~ c . . . , l4 . 

connected to the programmable DSP 18. *"PP hed k t0 multipliers 28 While individual multipliers 

c. . , aot^i^.l • t • 28 are shown, in practice, as already indicated these could be 

Within the filterbank ASIC 16, there is an analysis filter- , , . r ,. « « 

bank 26, that splits or divides the digital representation of 25 replaced by one or more multiplier resources shared 

the input signal or signals into a plurality of separate amo °S st ^ ^erbank bands. This can be advantageous, as 

complex bands, represented by the signals 1-N. As shown in ll ' educes * e amount °* P^essmg required by the DSP by 

FIG. 1, each of these band signals or outputs is multiplied by reducin S S ain u P date rate «"> b ? allowing further 

a desired gain in a respective multiplier 28. In the case of computations to be done by the more efficient ASIC. In this 

monaural processing, the negative frequency band signals 30 manner, battery life can be extended because the DSP unit 18 

are complex conjugate versions of the positive frequency can conserve P ower b V remaining in a low-power standby 

band signals. As a result, the negative frequency bands are mode for a lon S er P enod of lime - 

implicitly known and need not be processed. The outputs of The processor 34 can be such as to determine when gain 

the multipliers 28 are then connected to inputs of a synthesis adjustments are required. When gain adjustments are not 

filterbank 30 in which these outputs are recombined to form 35 required, the whole programmable DSP unit 18 can be 

a complete digital representation of the signal. switched into a low-power or standby mode, so as to reduce 

For stereo processing, the complex conjugate symmetry P ower consumption and hence to extend battery life, 

property does not hold. In this case, the N band signals or In another variant of the invention, not shown, the mul- 

outputs are unique and represent the frequency content of tipliers 28 are omitted from the ASIC. The outputs from the 

two real signals. The band outputs must first be processed to 40 analysis filterbank 26 would then be supplied to the digital 

separate the content of the two signals from each other into signal processor 34, which would both calculate the gains 

two frequency domain signals before the gain multiplication required and apply them to the signals for the different 

step is performed. The two frequency separated signals are bands. The thus modified band signals would then be fed 

complex conjugate symmetric and obey the same redun- back to the ASIC and then to the synthesis filterbank 30. This 

dancy properties as described previously for monaural pro- 45 would be achieved by a shared memory interface, which is 

cessing. Multiplier resource 28 must, therefore, perform two described below. 

sets of gain multiplications for the non-redundant (i.e. Communication between the ASIC 16 and the program- 
positive frequency) portion of each signal. After mable DSP 18 is preferably provided by a shared memory 
multiplication, the signals are combined into a monaural interface. The ASIC 16 and the DSP 18 may simultaneously 
signal, and further processing is identical to the monaural 50 access the shared memory, with the only constraint being 
case. that both devices cannot simultaneously write to the same 

In known manner, to reduce the data and processing location of memory, 

requirements, the band outputs from the analysis filterbank Both the ASIC 16 and programmable DSP 18 require 

26 are down -sampled or decimated. Theoretically, it is non -volatile memory for storage of filter coefficients, algo- 

possible to preserve the signal information content with a 55 rithm parameters and programs as indicated at 38. The 

decimation factor as high as N, corresponding to critical memory 38 can be either electrically erasable programmable 

sampling at the Nyquist rate. However, it was found that read only memory (EEPROM) or Flash memory that can be 

maximum decimation, although easing computational read from or written to by the processor 34 as required, 

requirements, created severe aliasing distortion if adjacent Because it is very difficult to achieve reliable operation for 

band gains differ greatly. Since this distortion unacceptably 60 large banks (e.g., 8 kbyte) of EEPROM or Flash memory at 

corrupts the input signal, a lesser amount of decimation was low supply voltages (1 volt), the charge-pump 40 is provided 

used. In a preferred embodiment, the band outputs are to increase the non-volatile memory supply voltage when- 

oversampled by a factor OS times the theoretical minimum ever it is necessary to read from or write to non-volatile 

sampling rate. The factor OS represents a compromise or memory. Typically, the non -volatile memory 38 and its 

trade-off, with larger values providing less distortion at the 65 associated charge pump 40 will be enabled only when the 

expense of greater processing requirements. Preferably, the whole apparatus or hearing aid "boots"; after this it will be 

factor OS is made a programmable parameter by the DSP. disabled (powered down) to reduce power consumption. 
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Program and parameter information may also be trans- on the filterbank output by the programmable DSP 34 and 

mitted to the digital signal processor 34 over the decoded to extract the programming and parameter infor- 

bi-directional programming interface link 46 that connects it mation. An example of a suitable signal is given below, 
to a programming interface. During normal operation, the programmable DSP 34 

Tnis interface receives programs and parameter informa- 5 monitors the output levels of the filterbank channels and 

tion from a personal computer or dedicated programmer detects the presence, absence and transitions of the special 

over a bi-directional wired or wireless link. It will be programming signals. In the absence of these special 

appreciated that the term program may generally comprise patterns, the hearing aid will operate normally. The hearing 

executable code, which once processed by the hearing aid aid will enter programming mode if a specific pattern of 

may be discarded. When connected to a wired programming 10 these states is detected on the analysis filterbank outputs, 

interface, power for non-volatile memory is supplied by the Once the digital filterbank hearing aid is in programming 

interface; this will further increase the lifetime of the hearing mode, it will continue to receive encoded data that is 

aid battery. A specially synthesized audio band signal can transmitted as the presence, absence and transitions of the 

also be used to program the digital filterbank hearing aid. special programming signals until it has received a specific 

^ The synchronous serial port 44 is provided on the DSP 15 pattern of these states that terminate programming or there 

unit 18 so tbat an additional analog-to -digital converter can nas been no detection of the special programming signals for 

be incorporated for processing schemes that require two a predetermined length of time. 

input channels (e.g., beamforming — beamforming is a tech- The hearing aid provides verification that the encoded 
nique in the hearing aid art enabling a hearing aid with at data has been correctly received and detected by transmit- 
least two microphones to focus in on a particular sound 20 ting an audio signal through the hearing aid receiver 24. This 
source). audio signal encodes that data that was received and 

The programmable digital signal processor 34 also pro- decoded by the hearing aid. 
vides a flexible method for connecting and querying user With reference to FIG. 2, this shows one scheme for 

controls. A 16-bit wide parallel port is provided for the 25 encoding the signal. The filter bands are identified as alter- 

interconnection of user controls such as switches, volume nating even numbered bands and odd numbered bands. As 

controls (shaft encoder type) and for future expansion. shown, logic level 0 could be represented by providing a 

Having these resources under software control of the DSP signal in the odd numbered bands with no signal substantial 

unit 18 provides flexibility that would not be possible with (e.g. the signal is below a threshold level) in the alternating 

a hardwired ASIC implementation. 3Q even numbered bands. Correspondingly, logic level 1 could 

It is essential to ensure the reliability of the digital be identified by a signal in the even numbered bands with no 

filterbank hearing aid in difficult operating environments. substantial signal in the odd numbered bands. 
Thus, error checking or error checking and correction can be How the bands are used to carry the signal format, will 

used on data stored in non-volatile memory. Whenever it is depend upon how many bands are present in the filterbank 

powered on, the hearing aid will also perform a self-test of 35 structure. For example, it is envisaged that the number of 

volatile memory and check the signal path by applying a bands could vary between 16 and 128. For 128 bands, it is 

digital input signal and verifying that the expected output not necessary to have this alternating signal format over all 

signal is generated. Finally, a watchdog timer is used to the 128 bands. It is simply necessary to cover a sufficient 

ensure system stability. At a predetermined rate, this timer number of bands so that the digitally encoded program data 

generates an interrupt that must be serviced or the entire 40 is clearly distinguishable from any ambient or local signal 

system will be reset. In the event that the system must be that might be received. 

reset, the digital filterbank hearing aid produces an audible It will also be appreciated that while simple logic levels 

indication to warn the user. 1 and 0 can be identified in the manner indicated, other more 

A number of sub-band coded (i.e., digitally compressed) complex encoding schemes can be provided, so as to enable 

audio signals can be stored in the non-volatile memory 38 45 more rapid transmission of data. For example, where there 

and transferred to volatile memory (RAM) 36 for real-time are 128 bands, each group of 16 bands, or possibly even a 

playback to the hearing aid user. The sub-band coding can be smaller number of bands, could be used to encode 1 bit of 

as described in chapters 11 and 12 of Jayant, N. S. and Noll, data. This would enable 8 bits of data or more to be 

P., Digital Coding of Waveforms (Prentice-Hall; 1984) transmitted simultaneously. 

which is incorporated herein by this reference. These signals 50 It is also possible that more complex encoding schemes 

are used to provide an audible indication of hearing aid could be used. Indeed, it is anticipated that any conventional 

operation. Sub-hand coding of the audio signals reduces the encoding scheme, as used for conventional modems and 

storage (non-volatile memory) that is required and it makes transmission over telephone lines could be used. In fact, 

efficient use of the existing synthesis filterbank and pro- because of greater bandwidth available here, as compared to 

grammable DSP because they are used as the sub-band 55 telephone lines, such encoding schemes could be modified 

signal decoder. to give even greater data transfer rates. 

Now, in accordance with the present invention, to pro- Thus, for example a number of known modulation tech- 
gram the hearing aid, the audio-band signals used for the niques for computer modem and RF applications could be 
transmission of programs and parameter information are used to transmit data to the digital hearing aid via an audio 
designed to generate patterns of levels on the outputs of the 60 signal or channel. For example, a technique similar to spread 
analysis filterbank 26 in such a manner that it is highly spectrum, where the input data stream is modulated with an 
improbable the patterns will be confused with patterns audio band and maximum length sequence could be used, 
generated by any other naturally present or interfering audio This technique should be very resistant to background noise, 
signals, that may be encountered in everyday environments. Other, standard modulation/demodulation techniques, such 
The programming and parameter information is encoded in 65 as quadrature phase shift keying (PSK), differential PSK 
the presence, absence and transitions of these patterns. ( D PSK) and quadrature amp litude modulation (QAM) could 
These stales (presence, absence and transitions) are detected also be used. Using any of these techniques would require 
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the hearing aid to operate as a modem. For this purpose, the (2) receiving said audio band signal at said microphone; 

programmable DSP 34 would effectively include means for (3) converting said audio band signal into a digital signal; 

demodulating and decoding the selected modulation (4) m sa j d analysis filterbank, separating said digital 

scheme. signal into a plurality of separate frequency band 

As many modem encoding schemes may not be readily 5 signals each being representative of a specific fre- 

distinguishable from potential ordinary, audio signals, to quency band; 

ensure accurate identification of these signals, the hearing (5) providing said frequency band signals to said digital 

aid would first have transmitted to it a short audio program- signal processor; 

ming signal, encrypted in the manner indicated above, to (6) determining whether said separate frequency band 

signal to the hearing aid that it should switch into the w signals have programming ^formation encoded therein 

programming mode. The hearing aid would then read further according to said encoding scheme; and 

signals received accordmg to the encoding scheme indicated (?) if ammi information is encoded in said fre- 

by the initial instruction. At the end of these instructions, an u j * 1 a- . a a- 

J , c . t ... ^^vii^jou quency band signals according to said encoding 

end of programming instruction would be sent to the hearing u a j- m*. t a ■ 1 ♦ u* - 

• 7 ° scheme, decoding said frequency band signals to obtam 

aid, causing it to switch back to its ordinary mode of - • r *• j . • j 

. 6 . . . , u . • - • 1 • . 15 said programming information and storing said pro- 
operation^ until it again received a snort, initial instruction jamming information in said non-volatile memory, 
sequence indicating that programming should commence. 2 . Amethod as claimed in daim X ^het including a step 

The verification signal is reproduced acoustically by the 0 £. 

hearing aid receiver at a low enough level that the hearing (g) jf programming inform a ti on is not encoded in said 

aid could be worn by a user while it is being programmed. c _ u a 1 j- . • j 

D . u * *u •« • 1 20 frequency band signals according to said encoding 

For this situation, the verification signal would be transmit- e ^ mil „^ ec ;„„ C4i/ i f™,,*,, u„„a „ n 1 

„ , . t . iu ,j . j. scheme, processing said frequency band signals 

ted to the ear canal where it would be rece.ved by a , 0 ammi M * m ^ n stored ^ 

probe-tube microphone system that ,s connected to the heafi aid , 0 ^ a 6 rocessed audfo band ou 

hearing aid programming system. If the hearing aid is worn . a , & at said v v 

by a user while being programmed, the programming infer- 25 3 A fflethod as daimed / ^ 1 fe ^ . ^ 

mation is transmitted to the hearing aid over a loudspeaker c »u ♦ • ■ c • . j- 
, c , , r . 6 . p of synthesizing programming information mto an audio 
in a sound field. In very noisy or reverberant environments bafld mmi si al an § transmitting lhe audio band 
headphones will be used to transmit the audio programming ogr [ m si *1 to said hearing aid. 
signal This will ensure that the hearing aid receives a 4. Amethod as claimed in claim 3, wherein the program- 
clean audio programming signal. 3Q ming information ^ encoded in the audio bafld prog ; am B mi 

The hearing aid programming system is also capable of signal in the frequency range of 20 Hz-20 kHz. 

programming the hearing aid while it is not being worn. In 5 A method as daimed m daim 3 wherein ^ m . 

this case, the hearing aid is placed into a sound chamber with ming is digitally svnth esized into an audio band 

its output connected to a coupler that approximates the programming signal in a manner that distinguishes the audio 

acoustic characteristics of the human ear canal and provides 35 band programming signal from potentially interfering audio 

acoustic isolation from the input channel. The hearing aid signals 

programming system transmits the programming signals 6 A raethod as claimed in claim 5> wherein ±G program . 
through a loudspeaker to the hearing aid The verification ming iaformation is synthesized into the audio band pro- 
signal is transmitted from the hearing aid receiver into the gram ming signal such that the frequency band signals gen- 
coupler where it is amplified and sent back to the hearing aid 40 erated by the ^ lysis mterbank in res ^ nse to ^ audi0 
programming system and compared against the data that was band p rogramrn i ng signaI are indicative of audio informa- 
transmitted. t « on being present [ n alternate frequency bands and of audio 
The audio signals that represent binary "1" and "0" may information being substantially absent in frequency bands 
be synthesized so that they activate every other channel of between said alternate bands. 

the analysis filterbank at a level that is sufiacient to distin- 45 7. Amethod as claimed in claim 6, wherein the frequency 

guish the transmitted level from any interfacing signals that Dands comprise alternating even numbered bands and odd 

may be present. These signals are constructed from sums of numbered bands, and wherein logic level one is encoded 

sinusoids with frequencies that lie at the centre frequencies with said alternate bands being one of the even numbered 

of alternate channels of the analysis filterbank. bands and the odd numbered bands and logic level zero is 

These signals are synthesized using a software program 50 encoded with said alternate bands being the other of the even 

running on a multimedia PC, by dedicated hardware located numbered bands and the odd numbered bands, 

in a PC or by a hearing aid programming system and 8. A method as claimed in claim 3, wherein step (7) 

transmitted acoustically to the hearing aid. If remote pro- further comprises the step of generating an audio verification 

gramming of a hearing aid over a computer network is signal at said receiver to verify that programming informa- 

required, a binary or text file representation is transmitted 55 tion has been stored in the hearing aid. 

over the network to a multimedia PC or hearing aid pro- 9. A method as claimed in claim 8 wherein a separate 

gramming system and the programming signals are locally microphone connected to a PC-based or dedicated hearing 

synthesized and transmitted acoustically to the hearing aid. a i d programmer is provided for receiving the audio verifi- 

1 claim: cation signal, to verify the correctness of the programming 

1. Amethod of processing an audio band signal in a digital so information stored in the hearing aid. 

hearing aid, said hearing aid comprising a microphone, an 10. A method as claimed in claim 3, wherein the audio 

analysis filterbank having a plurality of separate frequency band programing signal is transmitted over a network, 

band outputs, a programmable digital signal processor, a selected from one of a local area network, a wide area 

non-volatile memory, and a receiver, the method comprising network or a modem link, the method including the steps of 

the steps of: 65 synthesizing programming information into the audio band 

(1) programming an encoding scheme in said digital programming signal locally and acoustically transmitting 

signal processor; the audio band programming signal to the hearing aid. 
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11. A method as claimed in claim 10, wherein the pro- (f) a synthesis filterbank for combining said processed 
gramming information is received by a multimedia com- frequency band signals into a processed digital signal; 
puter in a text format or a binary format and synthesized and 

locally into the audio band signal (g) a D/A converter and receiver for converting said 

12. A method as claimed in claim 3, wherein the audio 5 ^ ^ { ^ a ^ audio baQd 
band programming signal is pre -synthesized by a computer . 

and transmitted over a computer network to a hearing aid ^ _ . \ ! gD ' . . , . . . « , . . . 

program system, where the programming information is 1T h"™8j»<« as darmed in claim 16 wherem, when 

decoded and acoustically reproduced for programming the programming formation is not encoded in said frequency 

hearing aid **" ~ 10 ^ ,anc ^ signals, said digital signal processor processes said 

13. A method as claimed in claim 1, wherein the encoding frequency band signals according to programming informa- 
scheme is based on one of the following: tion stored m said memory to provide processed frequency 

phase shift keying (PSK), differential phase shift keying ba ° d signals. 

(DPSK), quadrature amplitude modulation (QAM), or 18 heann & aid 35 claimed m claim 16 > wherem the 

a spread spectrum technique. 15 programmable digital signal processor is programmed to 

14. A method as claimed in claim 3 or 13, wherein steps identify programming information when audio information 
(2) to (7) are carried out either: k present in alternate frequency bands and substantially 

with the hearing aid worn by a user to enable immediate absent in frequency bands between said alternate bands, 

verification of the suitability of the program for the 19. A digital hearing aid as claimed in claim 16, wherem 

user; or * 1 " 20 the programmable digital signal processor is programmed to 

by placing the hearing aid in a sound chamber and decode and demodulate programming information transmit- 

connecting the hearing aid to a coupler simulating the ted m audio band Programming signal according to the 

characteristics of the human ear canal, whereby the encoding scheme, said encoding scheme being based on one 

prograrnrning signal can be transmitted acoustically to 25 °^ tne following: 

the hearing aid, isolated from any interfering audio phase shift keying (PSK), differential phase shift keying 

signal. (DPSK), quadrature amplitude modulation (QAM), or 

15. A method as claimed in claim 14, wherein the hearing a spread spectrum technique. 

aid includes first and second inputs, said first input com- 20. A digital hearing aid as claimed in claim 16 having 

prising the microphone, and the method comprises encoding 3Q first and second inputs, said first input comprising the 

the programming information into two separate audio band microphone, and whereby the programmable digital signal 

signals and transmitting one audio band signal to one input processor can receive programming information through 

and the other audio band signal to the other input. ^ otn m p Uts 

16. A digital hearing aid comprising: 21 A hearmg M programming system comprising a 

(a) a microphone for receiving an audio band signal; 35 digital hearing aid as claimed in claim 16 and a PC-based or 

(b) an A/D converter for converting said audio band signal dedicated hearing aid programmer which synthesizes pro- 
into a digital signal; gramming information into an audio band programming 

(c) an analysis filterbank for separating said digital signal signal and transmits the audio band programming signal to 
into a plurality of separate frequency band signals each ■ said hearing aid. 

being representative of a specific frequency band; 40 22. A hearing aid programming system as claimed in 

(d) a programmable digital signal processor for receiving claim 21 wherein said digital signal processor is further 
said frequency band signals and being programmed to programmed to generate an audio verification signal at said 
determine whether said separate frequency band sig- receiver to verify that programming information has been 
nals have programming information encoded therein stored in said memory. 

according to an encoding scheme; 45 23. A hearing aid programming system as claimed in 

(e) a non-volatile memory for storing programming claim 21 wherein said PC-based or dedicated hearing aid 
information, wherein, when programming information programmer includes a separate microphone for receiving 
is encoded in said frequency band signals, said digital the audio verification signal to verify the correctness of the 
signal processor decodes said frequency band signals 5Q programming information stored in the hearing aid. 

and stores said programming information in said 

memory; * ♦ + * + 
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